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DETAILED ACTION 

Introduction 

1. This action is in response to the amendment filed 01-08-2007. Claims 1-5,7-9,11- 
13, 16-26 and 30-46 have been amended and claims 6,10 and 28 have been 

. canceled; and claims 51-54 have been added. Claims 1-5, 7-9, 1 1-27 and 29-54 are 
pendjng. 

Continued Examination Under 37 CFR 1.114 

2. A request for continued examination under 37 CFR 1.114, including the fee set 
forth jn 37 CFR 1 .17(e), was filed in this application after final rejection. Since this 
application is eligible for continued examination under 37 CFR 1.114, and the fee set 
forth in 37 CFR 1 .17(e) has been timely paid, the finality of the previous Office action 

. has been withdrawn pursuant to 37 CFR 1.114. Applicant's submission filed on 01-08- 
2007Jias been entered. 

Claim Rejections - 35 USC §112 

. 3. The following is a quotation of the first paragraph of 35 U.S.C. 112: 

The specification shall contain a written description of the invention, and of the manner and process of 
" making and using it, in such full, clear, concise, and exact terms as to enable any person skilled in the 
art to which it pertains, or with which it is most nearly connected, to make and use the same and shall 
set forth the best mode contemplated by the inventor of carrying out his invention. 

4. Claim 1 is rejected under 35 U.S.C. 112, first paragraph, as failing to comply with 
the enablement requirement. The claim(s) contains subject matter which was not 
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described in the specification in such a way as to enable one skilled in the art to which it 
pertains, or with which it is most nearly connected, to make and/or use the invention. 
The claim limitation " A method of equalizing output signals from one or more 
microphones, the method comprising the steps of: 

(a) applying a first predictable noise to a converter having a known transfer function 
to convert the first predicable noise to an audio output based on the transfer function of 
the converter, and applying the audio output to the microphone without adaptively 
modifying the audio output to convert the audio output to a first output noise; 

applying a second predictable noise to a compensation filter for compensating for 
the known transfer function of the converter, the first and second predictable noises 
being synchronized in time by a synchronizer, the compensation filter outputting a 
second output noise based on the compensation; 

explicitly identifying a transfer function of the microphone based on the 
corresponding first and second output noises; 

based on a single selected function for the one or more microphones, determining a 
filtering function for each signal path the microphone such that the product of the 
transfer function and the filtering function is the single selected function; and 

applying the filtering function for the microphone to an equalization filter for the 
microphone such that a transfer function between the microphone and the equalization 
filter for the microphone is substantially equal to the single selected function " was not 
supported in the further detail in the specification nor in any of the claim and the 
examiner carefully reads the figs 2a-2b and 3 and specification page 1 1 line 1 to page 
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16 line 16. The specification does not teach that applying the filtering function for the 
microphone to an egualization filter for the microphone such that a transfer function 
between the microphone and the eoualization filter for the microphone is substantially 
egual to the single selected function. 

5. Claim 16 is rejected under 35 U.S.C. 112, first paragraph, as failing to comply with 
the enablement requirement The claim(s) contains subject matter which was not 
described in the specification in such a way as to enable one skilled in the art to which it 
pertains, or with which it is most nearly connected, to make and/or use the invention. 
The claim limitation " An apparatus for equalizing output signals from one or more 
microphones, the apparatus comprising: 

a module for applying a first predictable noise to a converter having a known transfer 
function, the converter converting a first predicable noise to an audio output based on 
the transfer function of the converter, 

a module for applying the audio output to the microphone without adaptively 
modifying the audio output, the microphone converting the audio output to a first output 
noise; - 

a module for applying a second predictable noise to a compensation filter for 

compensating for the transfer function of the converter, the second predictable noise 

/ 

being synchronized with the first predictable noise by a synchronizer, the compensation 
filter outputting a second output noise based on the compensation; 
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a module for explicitly identifying a transfer function of the microphone based on the 
corresponding first and second output noises; 

a rpodule for determining, a filtering function for the microphone based on a single 
selected function for the one or more microphones such that the product of the transfer 
function of the microphone and the filtering function is the single selected function; and 

a module for applying the filtering function for the microphone to an equalization 
filter for the microphone such that a transfer function between the microphone and the 
egualization filter for the microphone is substantially egual to the single selected 
function " was not supported in the further detail in the specification nor in any of the 
claim and the examiner carefully reads the figs 2a-2b and 3 and specification page 1 1 
line \to page 16 line 16. The specification does not teach a module for applying the 
filtering function for the microphone to an equalization filter for the microphone such that 
a transfer function between the microphone and the egualization filter for the 
. microphone is substantially equal to the single selected function. 

6. Claim 42 is rejected under 35 U.S.C. 112, first paragraph, as failing to comply with 
the enablement requirement. The claim(s) contains subject matter which was not 
described in the specification in such a way as to enable one skilled in the art to which it 
pertajns, or with which it is most nearly connected, to make and/or use the invention. 
The claim limitation " A method of providing sound signals to a user through a system 
including one or more microphones, the method comprising steps of: 
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preparing a filtering function for, each of one or more microphones, including, for 
each of the one or more microphones, the steps of: 

applying a first predictable noise to a converter having a known transfer function, the 
converter converting the first predicable noise to an audio output based on the transfer 
function of the converter; applying the audio output to the microphone without adaptively 
modifying the audio output, the microphone converting the audio output to a first output 
noise; and 

applying a second predictable noise to a compensation filter for compensating for 
the transfer function of the converter, the first and second predictable noises being 
synchronized in time by a synchronizer, the compensation filter outputting a second 
output noise based on the compensation, 

explicitly identifying a transfer function of the microphone based on the 
corresponding first and second output noises; and 

determining, the filtering function the microphone based on a single selected function 
for the one or more than microphones such that the product of the transfer function of 
the microphone and the filtering function is the single selected function, and 

applying the filtering function for the microphone to the corresponding transfer 
function an eoualization filter for the microphone such that a transfer function between 
the microphone and the ecualization filter for the microphone is substantially equal to 
the single selected function . 

operating the system, including the step of: for each of the one or more 
microphones, transferring a sound signal through the microphone and the equalization 
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filter for the microphone" was not supported in the further detail in the specification nor 
in any of the claim and the examiner carefully reads the figs 2a-2b and 3 and 
specification page 1 1 line 1 to page 16 line 16. The specification does not teach that 

applying the filtering function for the microphone to the corresponding transfer 
function an egualization filter for the microphone such that a transfer function between 
the microphone and the egualization filter for the microphone is substantially equal to 
the single selected function . 

7. Claim 43 is rejected under 35 U.S.C. 1 12, first paragraph, as failing to comply with 
the enablement requirement. The claim(s) contains subject matter which was not 
described in the specification in such a way as to enable one skilled in the art to which it 
pertains, or with which it is most nearly connected, to make and/or use the invention. 
The claim limitation "A sound system for one or more microphones for transmitting 
sound signals, comprising: 

a converter having a known transfer function; a module for applying a first predictable 
noise to the converter, the converter converting the first predicable noise to an audio 
output-based on the transfer function of the converter; a module for applying the audio 
output to the microphone without adaptively modifying the audio output the microphone 
converting the audio output to a first output noise; a compensation filter for 
compensating for the transfer function of the converter; 

a module for applying a second predictable noise to the compensation filter, including 
a synchronizer for synchronizing the first and second predictable noises in time, the 
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compensation filter outputting a second output noise based on the compensation; 
an identification circuit for explicitly identifying a transfer function of the microphone 
based on the corresponding first and second output noises; and 

a determination circuit for determining, filtering function for the microphone based 
on a single selected function for the one or more microphones such that the product of 
the transfer function of the microphone and the filtering function is the single selected 
function, 

the filtering function being applied to an equalization filter for the microphone to 
generate the selected function, whereby the sound signals from the sound providing 
system are substantially equal with respect to phase or phase and magnitude such that 
a transfer function between the microphone and the egualization for the microphone is 
substantially egual to the single selected function " was not supported in the further 
detail in the specification nor in any of the claim and the examiner carefully reads the 

-figs 2a-2b and 3 and specification page 11 line 1 to page 16 line 16. The specification 
doesjiot teach that the filtering function being applied to an egualization filter for the 
microphone to generate the selected function, whereby the sound signals from the 
sound providing system are substantially egual with respect to phase or phase and 

. magnitude such that a transfer function between the microphone and the egualization 
for the microphone is substantially egual to the single selected function. 

8. Claims 51-54 are rejected under 35 U.S.C. 112, first paragraph, as failing to 
comply with the enablement requirement. The claim(s) contains subject matter which 



Application/Control Number: 10/023,109 Page 9 

Art Unit: 2615 

was not described in the specification in such a way as to enable one skilled in the art to 
which it pertains, or with which it is most nearly connected, to make and/or use the 
invention. The claim limitation " the one or more microphones comprises at least a first 
microphone and a second microphone, and wherein an output signal through the first 
microphone and the equalization filter for the first microphone is substantially equal to 
an output signal through the second microphone and the equalization filter for the 
second microphone with respect to phase or phase and magnitude " was not supported 
in the further detail in the specification nor in any of the claim and the examiner carefully 
reads the figs 2a-2b and 3 and specification page 1 1 line 1 to page 16 line 16. The 
specification does not teach that the equalization filter for the first microphone is 
substantially equal to an output signal through the second microphone and the 
egualization filter for the second microphone with respect to phase or phase and 
magnitude. 

Claim Objections 

9. Claim 39 is objected to under 37 CFR 1 .75(c) as being in improper form because 
a multiple dependent claim 39 depends on claims 1 6, 36. See MPEP § 608.01 (n). 
Accordingly, the claim 39 has not been further treated on the merits. 

10. Claim 40 is objected to under 37 CFR 1 .75(c) as being in improper form because 
a multiple dependent claim 40 depends on claims 16, 37. See MPEP § 608.01 (n). 
Accordingly, the claim 40 has not been further treated on the merits. 
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1 1 . Claim 41 is objected to under 37 CFR 1 .75(c) as being in improper form because 
a multiple dependent claim 39 depends on claims 16, 38. See MPEP § 608.01 (n). 

t 

Accordingly, the claim 40 has not been further treated on the merits. 



Claim Rejections - 35 USC § 103 

12. The following is a quotation of 35 U.S.C. 103(a) which forms the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set 
forth in section 102 of this title, if the differences between the subject matter sought to be patented and 
the prior art are such that the subject matter as a whole would have been obvious at the time the 
invention was made to a person having ordinary skill in the art to which said subject matter pertains. 
Patentability shall not be negatived by the manner in which the invention was made. 

13. - Claims 1-4, 7-9, 1 1 , 14-19, 22-24, 26, 29-31 and 33-45, 51-54 are rejected 
under 35 U.S.C. 103(a) as being unpatentable over Vaughn (US PAT. 5,233,655) in 
view of Hamabe (US PAT. 5,426,703). 

Consider claim 16 Vaughn teaches that an apparatus for equalizing output signals 
from one or more microphones (see fig.1), the apparatus comprising: 

a module for applying a first predictable noise (44a white noise) to a converter having 
a known transfer function, the converter converting a first predicable noise to an audio 
output based on the transfer function of the converter, 

a module for applying the audio output (40) to the signal without adaptively 
modifying the audio output, the signal converting the audio output to a first output noise; 
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a module for applying a second predictable noise (44b, pink noise) to a compensation 
filter (26) for compensating for the transfer function of the converter, the second 
predictable noise (44b) being synchronized with the first predictable noise (44a) by a 
synchronizer (45, microprocessor controller, such as cpu), the compensation filter 
outputting a second output noise based on the compensation; 
a module for explicitly identifying a transfer function (1 0) of the microphone (20a) 
based on the corresponding first and second output noises (44a, 44b); 

a module for determining (23), a filtering function for the microphone based on a 
single selected function for the one or more microphones such that the product of the 
transfer function of the microphone and the filtering function is the single selected 
function; and 

a module for applying the filtering function (27) for the microphone (20a) to an 
equalization filter (28 and see col. 5 lines 9-17) for the microphone such that a transfer 

• function (24) between the microphone (20a) and the equalization filter (28) for the 
microphone is substantially equal to the single selected function (23 and see col. 5 line 
50-col. 6 line 50); But Vaughn does not explicitly teach a module for applying the audio 
output to the microphone, the microphone converting the audio output to a first output 

* noise. 

However, Hamabe teaches a module for applying the audio output to the 
microphone (se fig. 1b, 8a-8h), the microphone converting the audio output to a first 
output noise (26 white noise and see col. 5 line 31-col.6 line 67). 
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Therefore, it would have been obvious to one of ordinary skill in the art at the time 
the invention was made to include a microphone into each signal path and to include, 
into the apparatus of Vaughn, a module for applying a predictable noise to each signal 
path to generate the output noise. One of ordinary skill in the art would have been 
motivated to combine the teaching of Hamabe into Vaughn because this would have 
provided an active noise eliminating system which can correct and update the noise 
elimination transfer function for providing a more reliable noise elimination function 
without causing noise pressure divergence (Hamabe, col. 2, lines 10-16). 

As to claim 1 , this is the method claim corresponding to apparatus claim 16. See 
previous apparatus claim 16 for rejection. 

Consider claim 43 Vaughn teaches sound system for one or more microphones for 
transmitting sound signals, comprising: 

a converter (see fig.1 (41b, speaker) having a known transfer function; 

a module for applying a first predictable noise (44a, white noise) to the converter, the 
converter converting the first predicable noise to an audio output based on the transfer 

i 

function of the converter; 

a module for applying the audio output (40) to the microphone without adaptively 
modifying the audio output the microphone converting the audio output to a first output 
noise; 

a compensation filter (26) for compensating for the transfer function of the converter; 
a module for applying a second predictable noise (44b, pink noise) to the 
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compensation filter, including a synchronizer (45, microprocessor controller, such as 
cpu) for synchronizing the first and second predictable noises (44a, 44b) in time, the 
compensation filter outputting a second output noise based on the compensation; 

i 

an identification circuit for explicitly identifying a transfer function (1 0) of the 
microphone (20a) based on the corresponding first and second output noises (44a,44b); 
and 

a determination circuit (23) for determining, filtering function for the microphone 
(20a) based on a single selected function for the one or more microphones (20a) such 
that the product of the transfer function of the microphone and the filtering function is 
the single selected function, 

the filtering function (27) being applied to an equalization filter (28 and see col. 5 
lines 9-17) for the microphone to generate the selected function, whereby the sound 
signals from the sound providing system (10) are substantially equal with respect to 
phase or phase and magnitude such that a transfer function (24) between the 
microphone and the equalization for the microphone is substantially equal to the single 
selected function(23 and see col. 5 line 50-col. 6 line 50); But Vaughn does not explicitly 
teach a module for applying the audio output to the microphone, the microphone 
converting the audio output to a first output noise. 

However, Hamabe teaches a module for applying the audio output to the 
microphone (se fig. 1b, 8a-8h), the microphone converting the audio output to a first 
outpufhoise (26 white noise and see col. 5 line 31-col.6 line 67). 
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Therefore, it would have been obvious to one of ordinary skill in the art at the time 
the invention was made to include a microphone into each signal path and to include, 
into the apparatus of Vaughn, a module for applying a predictable noise to each signal 
path to generate the output noise. One of ordinary skill in the art would have been 
motivated to combine the teaching of Hamabe into Vaughn because this would have 
provided an active noise eliminating system which can correct and update the noise 
elimination transfer function for providing a more reliable noise elimination function 
without causing noise pressure divergence (Hamabe, col. 2, lines 10-16). 

As to claim 42, this is the method claim corresponding to system claim 43. See 

* previous apparatus claim 43 for rejection. 

Consider claims 17-18, Vaughn teaches an apparatus of the selected function is the 
transfer function (see fig.1 , (23)) for one of one the microphones (20a and see col.7 line 
1-col.8 line 35); and an apparatus of the selected function is a common factor (such as, 
- switching), and wherein the filtering function (27) is determined such that the product of 
the transfer function of the microphone (20a) and the filtering function is the common 
factor (such as 150HZ and col. 5 line 31-col.6 line 67). 

As to claims 2-3, these are method claims of claims 17-18 and thus note the 

* rejections of claims 17-18, respectively. 

^ As to claims 44-45, these are system claims of claims 17-18 and thus note the 
rejections of claims 1 7-1 8, respectively. 

Consider claim 19, Vaughn teaches an apparatus of the module for applying the 
filtering function comprises: 
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a module for loading the filtering function (see fig. 1 (27)) to the equalization filter (28 
and see col. 5 line 9-17). 

As to claim 4, it is the method claim corresponding to apparatus claim 19. See 
previous apparatus claim 19 for rejection. 

Consider claim 22 Vaughn teaches the module for applying a first predictable 
noise comprises: 

a module for applying a first predictable noise signal (see fig.1 (44a)) to the converter 
(40b), the converter converting the first predicable noise signal (44a)) to a first 
predictable noise sample based on the transfer function of the converter, 

the module for applying the audio output comprises, a module for acoustically 
providing the first predictable noise sample (44a) to the microphone (20a) with a 
propagation time delay inherently, the module for applying a second predictable noise 
(44b) comprises: 

a module for providing a second predictable noise signal (44b) to the compensation 
filter (26), the first and second predictable noise signals (44a,44b) being synchronized in 
time by the synchronizer (45, microprocessor controller, such as cpu), the 
compensation filter (26) compensating the second predictable noise signal (44b) for the 
transfer function of the converter (40b) and outputting the second output noise (44b) 
based on the compensation (see col. 5 line 32-col. 6 line 67), but Vaughn does not 
explicitly teach the microphone converting the first predictable noise sample with the 
propagation time delay to the first output noise. 
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However, Hamabe teaches the microphone (see fig. 1b (8a-8h)) converting the first 
predictable noise sample (26 white noise) with the propagation time delay to the first 
output noise (see figs 7c-7d and see col. 16 line 6-col. 17 line 11) 
Therefore, it would have been obvious to one of ordinary skill in the art at the time the 
invention was made to include a microphone into each signal path and to include, into 
the apparatus of Gardner, a module for applying a predictable noise to each signal path 
to generate the output noise. One of ordinary skill in the art would have been motivated 
to combine the teaching of Hamabe into Vaughn because this would have provided an 
active noise eliminating system which can correct and update the noise elimination 
transfer function for providing a more reliable noise elimination function without causing 
noise pressure divergence (Hamabe, col. 2, lines 10-16). 

As to claim 7, it is the method claim corresponding to apparatus claim 22. See 
previous apparatus claim 22 for rejection. 

Consider claim 23-24 Vaughn teaches that the first predictable noise signal is a first 
predictable digital noise signal (see fig.1 (44a)), and the second predictable noise signal 
is a second predictable digital noise signal (44b), and wherein the apparatus 
comprises: 

noise generator for generating the first predictable digital noise signal(44a) and the 
second predictable digital noise signal (44b and see col. 5 line 32-col. 6 line 67) and the 
module for identifying comprises: 

a module for delaying (see fig.1 , 28 and fig.2) the second output noise (44b) by same 
amount (such as, time constants) of time as the propagation delay time (see col. 7 line 
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27-61); and 

a module for processing (28) the first output noise and the delayed second output 
noise-(44a,44b) to estimate the transfer function of the microphone (20a and see col. 5 
line 32-col. 6 line 67). 

As to claims 8-9, these are method claims of claims 23-24 and thus note the 
rejections of claims 23-24, respectively. 

Consider claim 26 Hamabe teaches that the first converter includes 
a loud speaker (7a-7d and see col. 5 line 32-col. 6 line 67). Note discussion of claim 16 
for a motivation to combine. 

Consider claim 29 Hamabe teaches that the propagation delay time is selected to be 
integer multiple (see equation 1 ) of the first predictable noise sample (white noise and 
col. 5 line 32-col. 6 line 67); Note discussion of claim 16 for a motivation to combine. 

As to claim 11, it is the method claim corresponding to apparatus claim 29. See 
previous apparatus claim 29 for rejection. 

Consider claims 30-31 Vaughn teaches that apparatus of the first predictable digital 
noise signal (see fig.1 , (44b)) and the second predictable digital noise signal comprises 
a white noise signal (44a and see col. 5 line 32-col. 6 line 67); and apparatus of each of 
the first predictable digital noise signal (44b) and the second predictable digital noise 
signal comprises a random noise signal (44a and see col. 5 line 32-col. 6 line 67). 

As to claims 14-15, these are method claims of claims 29 -31 and thus note the 
rejections of claims 30 -31 , respectively. 
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Consider claims 36-38, note discussion of claim 16 with respect to the apparatus. 
Vaughn further teaches an apparatus is comprising a listening device / hearing aid (see 
col. 6 lines 18-29) / headset (see fig. 1 (40b)) comprising: one or more microphone (see 
fig. 1 , 20a) for transmitting sound signals to a user, outputs from the one or more 
microphones (20a) being equalized (see fig. 1 (28)) and col. 5 line 35-col. 6 line 67) by 
the apparatus (see rejection of claim 16). 

As to claims 33-35, these are method claims of claims 36-38 and thus note the 
rejections of claims 36-38, respectively. 

Consider claims 39-41 , Vaughn teaches a hearing aid (a listening device and a 
headset and see col. 5 line 50-col. 6 line 29)) comprising: 

a signal equalization filter (see fig.1, (28) and col.5 lines 9-17) provided for each 
of one or more microphones (20a), wherein the function of the signal equalization filter 
is determined by the signal equalization filter (see fig. 1 (28) and col. 5 line 35-col. 6 line 
67). " 

Consider claims 51 -54 Vaughn teaches that the one or more microphones (see fig. 1 
(20a)) comprises at least a first microphone and a second microphone (20a), and 
wherein an output signal through the first microphone and the equalization filter (28) for 
the first microphone (20a) is substantially equal (possibly by adjust 24 program gain 
amplifier) to an output signal through the second microphone (20a) and the equalization 
filter (28 and see col. 5 lines 9-17) for the second microphone (20a) with respect to 
phase or phase and magnitude (44a and see col. 5 line 32-col. 6 line 67). 
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14. Claims 5,12-13, 20-21, 25, 27, 32 and 46-48 are rejected under 35 U.S.C. 
103(a) as being unpatentable over Vaughn (US PAT. 5,233,665) as modified by 
Hamabe (US PAT. 5,426,703) as applied to claims 16 and 43 above, and further in view 
of T. Schneider, DG. Jamieson, " A Dual channel MLS-Based Test system for Hearing- 
Aid Characterization", J audio Eng. Soc, Vol 41, No.7/8, 1993 July/August, P583-593. 

Consider claim 20 Vaughn teaches that an apparatus of the module for applying a 
first predictable noise comprises (44a white noise) a noise generator (44a) for 
generating a first predictable noise (44a) sample signal noise and providing generating 
a second predictable noise sample signal (44b, pink noise), the second predictable 
noise (44b) sample signal having a property substantially identical to the first predictable 
noise sample signal (44a) and being substantially identical to the first predictable noise 
sample signal (44a) on a sample-by-sample basis, the converter (such as 40b , 
speaker) converting the first predicable noise sample signal (44a) to the audio noise 
output, the first and second predictable noise sample signals (44a, 44b) being 
synchronized in time by the synchronizer (45, microprocessor controller, such as cpu), 
the compensation filter (26) compensating the second predictable noise sample signal 
(44b) for the transfer function of the converter and outputting the second output noise 
based on the compensation (see col. 5 line 31-col.6 line 67); but Vaughn does not 
explicitly teaches that the predictable noise sample signals are on a sample-by-sample. 

However, Schneider teaches that the predictable noise sample signals are on a 
sample-by-sample (see page 584 left column line 37- right column line 20). 
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Therefore, it would have been obvious to one of ordinary skill in the art at the time the 
invention was made to combine the teaching of Schneider into the teaching of Vaughn 
and Hamabe to reduce the noise and to provide a sound environment for the purpose of 
acquiring the desired audio sound quality. 

As to claim 5, it is the method claim corresponding to apparatus claim 20. See 
previous apparatus claim 20 for rejection. 

As to claim 46, it is a sound system claim corresponding to apparatus claim 20. See 
previous apparatus claim 20 for rejection. 

Consider claim 21 , Hamabe teaches that the microphone is capable of converting a 
sound signal to an electrical analog signal, and wherein the apparatus comprises an 
analog-to-digital converter coupled to the microphone for converting the electrical 
analog signal into a digital signal (see fig.lb, (15a-15h) (see col. 5 line 32-col. 6 line 67). 
Note discussion of claim 16 for a motivation to combine. 

Consider claim 25 Vaughn and Hamabe does not teach the an apparatus of the noise 

generator includes a maximum length sequence generator for generating the first 
predictable digital noise signal that is substantially identical to the second predictable 
digital noise signal on a sample-by-sample basis. 

However, Schneider teaches that an apparatus (see fig.3) of the noise generator 

includes a maximum length sequence generator for generating the first predictable 
digital noise signal that is substantially identical to the second predictable digital noise 
signal on a sample-by-sample basis (it is inherently the MLS generator generated the 
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predictable digital noise signal samples are identical in the same amount of time intense 
of the maximum length and see pages 583-590). 

Therefore, it would have been obvious to one of ordinary skill in the art at the time 
the invention was made to combine the teaching of Schneider into the teaching of 
Vaughn and Hamabe to reduce the noise and to provide a sound environment for the 
purpose of acquiring the desired audio sound quality. 

Consider claims 27, 32 they are essentially similar to claim 25 and are rejected for 
the reason stated above apropos to claim 25. 

As to claims 12-13, these are method claims of claims 25 and 27 and thus note the 
rejections of claims 25 and 27, respectively. 

As to claims 47-48, these are sound system claims of claims 25, 27 and thus note 
the rejections of claims 25, 27, respectively. 

15. -Claims 49-50 are rejected under 35 U.S.C. 103(a) as being unpatentable over 
Vaughn (US PAT. 5,233,665) as modified by Hamabe (US PAT. 5,426,703) as applied 
to claims 16 and 43 above, and further in view of Roberts, R. A. et al., "Digital Signal 
Processing," ISBN 0-201-16350-0, pp. 486-489. . 

Consider claims 49-50, Gardner teaches module for identifying a transfer 
function performs (see fig.3, (42,44) and col.2 lines 7-22 and col.7 lines 1-60); Gardner 
fails to teach that the transfer function performs an Auto Regressive Moving Average 
(ARMA) to estimate the transfer function. 
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However, Roberts teaches that a transfer function performs an Auto Regressive 
Moving Average (ARMA) to estimate the transfer function (see "Digital Signal 
Processing," ISBN 0-201-16350-0, pp. 486-487). 

Therefore, it would have been obvious to one of ordinary skill in the art at the time 
the invention was made to combine the teaching of Roberts into the teaching of Gardner 
and Hamabe to provide a sound environment for the purpose of acquiring the desired 
audio sound quality for the market demand. 

Response to Arguments 

16. Applicant's arguments with respect to claim1-5 and 7-50 have been considered 
but are moot in view of the new ground(s) of rejection. 

Conclusion 

1 7. The prior art made of record and not relied upon is considered pertinent to 
applicant's disclosure. Parkins (US PAT. 6,665,410) is cited to show other listening 

device. 

. — 

18. Any response to this action should be mailed to: 

Mail Stop (explanation, e.g., Amendment or After- final, etc.) 

Commissioner for Patents 

P.O. Box 1450 

Alexandria, VA 22313-1450 
Facsimile responses should be faxed to: 

(703) 872-9306 
Hand-delivered responses should be brought to: 

Customer Service Window 
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Randolph Building 
401 Dulany Street 
Alexandria, VA 22314 

"Any inquiry concerning this communication or earlier communications from the examiner 
should be directed to Lao, Lun-See whose telephone number is (571) 272-7501 The examiner 
can normally be reached on Monday-Friday from 8:00 to 5:30. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Chin Vivian, can be reached on (571) 272-7848. 

Any inquiry of a general nature or relating to the status of this application or proceeding 
should be directed to the Technology Center 2600 whose telephone number is (571 ) 272-2600. 

Lao, Lun-See 
Patent Examiner 
US Patent and Trademark Office 
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